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Figure 2.5. RAU Difference Scores with Room Exposure (-13 SNR) 
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Figure 2.5. Average RAU difference scores as a function of room exposure time at the 
-13 SNR are displayed with standard error bars (n = 16). Data are shown for three room 
environments (Rl, R2, R3). Below each point is the average change in RAU difference 
score compared to a room exposure time of 0 s for that room environment. Such points 
that are significantly different (p < 0_05) are indicated (**). 
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Figure 2.6. RAU Difference Scores with Room Exposure (-18 SNR) 
0 
_....",.... R1 -A- R2 -+- Ril 
-10 ! -f 








c -! l!! -40 ! & is 7.33" 











0 0.5 1.5 2 2.5 3 3.5 4 
Room Exposure (sec) 
Figure 2. 6. Average RAU difference scores as a function of room exposure time at the 
-18 SNR are displayed with standard error bars (n = 16). Data are shown for three room 
environments (Rl , R2, R3) . Below each point is the average change in RAU difference 
score compared to a room exposure time of 0 s for that room environment. Such points 
that are significantly different at (p < 0.05) are indicated (**). 
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Table 2.4. 
Summary oft-tests by Room at -13 SNRfor RA U Difference Scores. Test statistic (t) and 
associated p-value are listed (df= 15). Significant differences (p < 0.05) are indicated 
(**). No post-hoc corrections were made. 
TO-Tl TO-T2 TO-T3 TO-T4 TO-T5 T3-T5 
Rl t -0.659 -0.811 1.268 -0.160 -0.417 -1.061 
p 0.520 0.430 0.224 0.875 0.682 0.305 
R2 t -1.840 -3.837 -4.407 -3.029 -3.419 -0.254 
P 0.086 0.002 ** 0.001 ** 0.008 ** 0.004 ** 0.803 
R3 t -0.829 -5.113 -5.420 -10.105 -4.856 -0.967 
p 0.420 < 0.001 ** < 0.001 ** < 0.001 ** < 0.001 ** 0.349 
Table 2.5. 
Summary oft-tests by Room at -18 SNRfor RAU Difference Scores. Test statistic (t) and 
associated p-value are listed (df= 15). Significant differences (p < 0.05) are indicated 
(**). No post-hoc corrections were made. 
TO-Tl TO-T2 TO-T3 TO-T4 TO-T5 T3-T5 
Rl t -1.601 -1.144 -0.215 1.673 1.615 1.490 
R 0.130 0.270 0.833 0.115 0.127 0.157 
R2 t -0.321 0.185 0.245 2.253 2.780 3.104 
p 0.752 0.856 0.810 0.040 ** 0.014 ** 0.007 ** 
R3 t 0.536 -0.916 -0.596 1.877 1.415 2.130 
p 0.600 0.374 0.560 0.080 0.178 0.050 
While it is unlikely that informational or perceptual masking had an influence on 
the data reported here, the errors in this study were analyzed for the possible influence of 
what could be thought of as forward informational masking. For example, the T4 and 
T5 time points provide a carrier phrase that also contains a color and number. It is 
possible that listeners might mistake the color and number presented in the first portion 
of the carrier phrase for that of the true target at the end of the phrase. The proportion of 
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missed trials compared to total trials was calculated for all trials at the T 4 and T5 time 
point. Calculations were made separately for each room and SNR. Figure 2.7 presents 
the results. The black bar displays the total proportion of missed trials, the entire 
colored bar displays the total number of trials consisting of some form of informational 
masking. The colored bar is farther divided into proportions of trials in which just the 
color from the preceding carrier was chosen (red), just the number from the preceding 
carrier was chosen (green), or both the color and number from the preceding carrier was 
chosen (blue). 
As expected, the number of errors increases with room and SNR. However, the 
proportion of those errors that might be related to informational masking, does not seem 
to increase. The proportion of responses in the missed trials with some portion of the 
carrier phrase color or number is shown in Figure 2.8. Here it is clear that the 
informational masking rate was unaffected by changes in room and SNR. Since the 
change in noise level and change in reverberation are both energetic masking effects, 
one would not expect to see a change in the informational masking rates across room 
and SNR. In fact, the proportion of missed trials that one would expect a listener to 
choose the same color as the preceding carrier phrase due to chance alone is 0.33 (1/3). 
For choosing the number and choosing both the color and number, the chance is 0.14 
(1/7) and 0.03 (1131) respectively. The proportion of errors presented in Figure 2.8 does 
not appear to be significantly greater than the total of these values (0.5). This data 
actually suggest that listeners were less likely to choose components from the preceding 
carrier phrase. From this one can safely conclude that there was no reduction in 
performance due to forward informational masking in this experiment. 
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Figure 2.7. Proportion of missed trials (black) and proportion of errors trials relating to 
informational masking ( color) for each room and SNR. The -13 SNR is on the left, the 
-18 SNR is on the right. Colored bars further divided by the component( s) of the prior 
carrier phrase that was chosen: color (red), number (green), or both (blue). 
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Figure 2.8. Proportion of missed trials related to informational masking (full bars) for 
each room and SNR. The -13 SNR is on the left, the -18 SNR is on the right. Bars 
further divided by the component(s) of the prior carrier phrase that was chosen: color 
(red), number (green), or both (blue). 
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C. Discussion 
The pattern of results in this experiment clearly shows evidence of a speech 
enhancement effect with prior exposure to the speech signal. The addition of a carrier 
phrase prior to the speech target must provide context for the target that increases its 
intelligibility. It is evident from increasing magnitudes of the speech enhancement effect 
that an increase in the carrier phrase duration leads to greater intelligibility. However, 
this is true only up to a point of a maximum benefit. The amount of time required to 
achieve the maximum benefit seems to depend on the level of noise in the environment 
relative to the signal. 
There is some evidence from previous research that an anechoic carrier phrase 
provides a small improvement to speech intelligibility. Gelfand (1975) found a 4.7% 
increase in speech discrimination scores in quiet with the addition of carrier phrases. 
Gladstone and Siegenthaler (1971) provide evidence of a 7.2% to 16.4% improvement 
with carrier phrases for speech recognition. The magnitude of the effect varied with the 
phonetic content of the carrier phrase. These authors found no effect for carrier phrases, 
however, when the phrases were unnaturally sequenced with target words, eliminating 
the natural coarticulation between words in a sentence. Gladstone and Siegenthaler 
(1971) argue that certain phrases provide coarticulation cues that can enhance the 
perception of the following words. However, this explanation seems unlikely for the 
present data. Coarticulation cues would be present starting with Tl and would remain 
unchanged with increasing carrier phrase duration. If coarticuation cues accounted for 
the improvements seen in the present data, one would expect to see immediate 
improvement at Tl with no additional improvement as the carrier phrase duration was 
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increased. 
A more recent study by Bonino, Leibold, and Buss (2012) demonstrate a 
substantial improvement in speech intelligibility when carrier phrases are presented in 
the presence of multi-talker and two-talker babble. An improvement to intelligibility 
was demonstrated for both children and adults. Performance improved for adults on 
average when a carrier phrase was present compared to without a carrier phrase with 
improvements of6.2% with the multi-talker babble and 22.9% with the two-talker 
babble. These authors attribute the benefit a carrier phrase provides to a release from 
perceptual masking. The carrier phrase is believed to provide a perceptual grouping cue 
for the segregation of the target talker from the babble. While such a hypothesis 
explains performance in the presence of multi -talker babble where perceptual or 
informational masking is likely, it cannot explain the improvements seen in the current 
study where only white noise was used to mask the speech targets. 
Additionally, Bonino, Leibold, and Buss (2012) tested listeners in a case with 
speech-shaped noise, which is noise with the long-term average spectrum of speech. 
Their results indicate that carrier phrases did not significantly improve performance. 
However, their data do show about a 5% improvement in the adults at a +5 and +0 SNR. 
It is likely that the 0.8 s duration of the carrier phrase in their study was enough to elicit 
the small effect of speech enhancement present in their adult data. However, such an 
effect was not present in their child data. 
The source of the speech enhancement effect is not completely understood. It is 
likely that the carrier phrase provides additional context about the talker that later aids 
intelligibility for the target word. Bent, Buchwald, and Pisoni (2009) show 
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improvements to speech intelligibility after many blocks of exposure to specific talkers. 
Nygaard, Sommers, and Pisoni (1994) demonstrate similar increases in intelligibility 
when listeners learned a set often talkers over a 9 day period. However, the perceptual 
effects shown in the current study are likely unrelated to the perceptual learning of 
specific talkers based on indexical properties since the time course of the effects shown 
here is a much shorter duration than those typically used for talker perceptual learning. 
One hypothesis is that the amplitude modulation (AM) pattern of the envelope of 
the speech signal is used to provide this perceptual enhancement (Brandewie & Zahorik, 
2012). Human sensitivity to the AM of speech signals has been used in a standard 
method for predicting speech intelligibility in environments with noise and reverberation 
called the Speech-Transmission Index (STI) (Steeneken & Houtgast, 1980). The STI 
analyzes the temporal envelopes or AM in a number of frequency bands that are 
important to speech perception. Reverberation causes temporal smearing which fills in 
the gaps in the speech envelope, affecting the magnitude of the AM inherent in speech 
pulses (Bolt & MacDonald, 1949). Noise also reduces the overall magnitude of AM in 
each frequency band. The STI assesses the amount of attenuation reverberation and 
noise applies to the modulation depth and uses that information as a predictor of overall 
intelligibility. Based on this model, if there was a mechanism that perceptually reduced 
the attenuation to modulation depth in the speech envelope caused by noise and 
reverberation, speech intelligibility would likely improve. 
The current data might be explained by a process of speech intelligibility 
improvement through the perceptual enhancement of speech envelope AM. Carrier 
phrases would provide information about the contextually important modulation 
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frequencies. This information could be used to increase AM sensitivity at those 
frequencies to enhance the perception of subsequent speech. An increase in the carrier 
phrase duration would result in greater speech enhancement due to increased sampling 
of the modulation pattern and therefore greater AM sensitivity. The data from the 
current study suggest that this process provides a maximum gain in intelligibility in as 
little as 0.85 s. Maximum improvement seems evident at T3 for both -13 and -18 SNR 
in the anechoic room (RO). However, such a process would not explain the 
enhancement effect shown in the reverberant environments where the AM of the speech 
envelope is further attenuated by temporal smearing (Bolt & MacDonald, 1949). 
Extracting the AM under such conditions would likely be more difficult. However, the 
magnitudes of the enhancement effect are even greater than those demonstrated in 
anechoic space. Previous research by Zahorik and Brandewie (2009) has shown that the 
magnitude of the speech enhancement effect tends to increase with greater reverberation 
times. 
This author suggests that there are perhaps two underlying processes at work in 
the current study that results in speech enhancement: one process that provides 
enhanced speech processing by using prior context to increase the sensitivity to essential 
speech AM frequencies; and an additional de-reverberation process that reduces the 
perceived attenuation of modulation depth caused by reverberation. These two 
processes would explain the intelligibility improvements seen in anechoic space as well 
as the increased magnitudes of these improvements seen in the reverberant 
environments. There is both physiological (Kuwada et aI, 2012) and psychophysical 
(Zahorik et ai, 2012) evidence supporting the idea that amplitude modulation sensitivity 
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is resistant to the presence of reverberation. This notion is also supported by the current 
data where additional improvements to speech intelligibility are observed after 
compensating for the anechoic effects (Figures 2.5 and 2.6). A de-reverberation process 
could be responsible for an increased sensitivity to AM in reverberant environments, 
which in tum, would allow the context-based AM speech enhancement effect to operate 
more efficiently. 
It appears to take more time for the speech enhancement to reach maximal 
improvement in the presence of greater background noise. This is demonstrated by the 
lack of additional improvement at -13 SNR between T3 and T5, but evidence of 
continuing improvement at -18 SNR. Since this effect is mirrored in the difference 
scores that remove the anechoic effect, it is likely that this is due to the de-reverberation 
process which may require more time in noisy backgrounds. This might be due to the 
increased reduction in the AM in the speech signal from noise that cannot be 
compensated for by the de-reverberation mechanism. More time may allow for 
additional sampling of the temporal information in the speech signal, which would aid in 
AM sensitivity adjustments. However, data at additional SNRs would help verify this 
hypothesis. 
Another goal of this experiment was to see if the time course of speech 
enhancement varied with the level of reverberation in the environment. The results 
suggest that there is not a difference in the pattern of results between the room 
environments. Even though there were no significant differences between T3 and T5 at 
-18 SNR for rooms Rl and R3, the data points do show a trend similar to R2, suggesting 
similar time courses for the effect. Overall, SNR seems to have a greater effect on the 
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time course of speech enhancement than the reverberation time. However, reverberation 
time does seem to determine the overall magnitude of the effect. One exception to the 
trend is the R3 -18 SNR condition. It is likely that the extremely low performance level 
of this condition resulted in listener fatigue. This might explain why the speech 




While it is clear that there is a substantial change in speech intelligibility with 
prior room exposure (Brandewie & Zahorik, 2010), it is important to determine what 
characteristics of the room environment elicit this effect. Namely, is it the general pattern 
of the late reverberant decay or the specific pattern of the early reflections? The temporal 
pattern of the early reflections is directly related to the position of the speech source and 
the listener in the room environment. The late reverberation decay, however, relates 
directly to the reflectivity of the room's surfaces. 
Zahorik and Brandewie (2010) found that an incongruent carrier resulted in a 
breakdown of speech intelligibility enhancement. The carrier phrase was presented with 
a different reverberation time than the target, but maintained the same spatial/temporal 
positioning of the early reflections. Similarly, the NC condition in the study by 
Brandewie and Zahorik (2010) included three room environments randomly presented in 
a block of trials to prevent any buildup to the room environments between trials. In that 
study, the room environments were also altered by adjusting the absorption coefficients 
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of the rooms' surfaces and not the position of the speech source and listener. Their 
results suggest this method was effective for limiting between-trial room buildup and 
would further support the idea that speech enhancement relies on the general pattern of 
the late reverberant energies, which varied from room to room. However, since that 
study also kept the spatial/temporal positioning of the early reflections constant between 
room environments, it is important to determine if that is a requirement for speech 
enhancement to occur. 
Experiment II seeks to determine whether speech intelligibility enhancement 
occurs even when the temporal positioning of the early reflections is changed. The 
experiment is modeled after the Ie condition in the study by Zahorik and Brandewie 
(2010), but instead of switching the room environment just prior to the target the 
configuration of the speech source and listener within the room was altered, while 
keeping the reflectivity of the rooms' surfaces constant. 
A. Methods 
1. Participants. 
Ten (10) listeners (6 female, 4 male) ages 19-31 years participated in the study. 
All of these listeners previously participated in Experiment I. All had normal hearing as 
verified by audiometric screening less than 25 dB HL at octave frequencies between 250 
and 8000 Hz. Listeners were paid for their participation. All testing was approved by the 
University of Louisville Internal Review Board. 
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2. Stimuli 
a. Room modeling. Virtual acoustic techniques were used in precisely the same way as in 
Experiment I. The same room dimensions and absorption coefficients were used in this 
experiment as Experiment I, except that the anechoic room (RO) was excluded. Two 
additional source and listener configurations were created (B, C) in addition to the same 
configuration as Experiment I (A). All source/listener configurations are illustrated in 
Figure 3.1. For each configuration, the position of the listener within the simulated 
rooms remained constant along with the distance ofthe speech source (1.4 m) and noise 
masker (also 1.4 m). In configuration B, the speech and noise were both rotated 90° 
counter clockwise in the room environment in relation to configuration A. In 
configuration C, this rotation was performed in the opposite direction (clockwise). The 
listener's orientation was rotated as well such that the listener always directly faced (0° 
azimuth angle) the speech source in all configurations. 
While the differences in reverberation times between the rooms remain, there is 
little difference in reverberation time between the three configurations within the same 
room environment. This can be seen in Table 3.1 which lists the reverberation times 
(T 60) in seconds for each configuration in each room environment. The octave-band and 
broadband values are quite similar between configurations indicating that the overall 
decay patterns are nearly the same. However, the early reflections were greatly affected 
by the differences in the source and listener configurations. This can be demonstrated by 
analyzing the BRIRs for each configuration in the same room environment. Figure 3.2 
49 




Speech Source * Noise Masker 
Listener 
B 
Figure 3.1. Illustration of the relative position ofthe speech source, noise masker, and 
listener in the three room configurations CA, B, C). Configuration A was used previously 
in Experiment I. In all configurations, the listener is facing the speech source. 
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Figure 3. 2. Binaural room impulse responses (BRIRs) (left-ear, 0 degree azimuth only) 
for three configurations in the R2 room environment. Configuration A is displayed in 
blue, configuration B in red, and configuration C in green. 
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shows the left-ear portion BRIR for the 0° azimuth signal for each configuration (A, B, 
C) in the R2 room environment. From the figure, it is clear that the temporal positioning 
of the early reflections changes greatly in the impulse responses, especially between 10 
and 30 ms. Clarity indices (Cso) for the three configurations are presented in Table 3.2. 
Table 3.1. 
Reverberation Times (T60) in Seconds by Room and Configuration 
Room and Configuration 
Center 
Frequency (Hz) Rt R2 R3 
A B C A B C A B C 
Broadband 0.488 0.472 0.467 1.216 1.154 1.149 2.379 2.270 2.273 
125 0.322 0.334 0.315 0.776 0.778 0.757 1.439 1.340 1.382 
250 0.401 0.398 0.358 0.933 0.871 0.852 1.717 1.694 1.714 
500 0.394 0.430 0.410 0.914 0.893 0.882 1.808 1.707 1.791 
1000 0.421 0.402 0.413 0.957 0.928 0.931 1.888 1.781 1.800 
2000 0.510 0.490 0.486 1.234 1.162 1.181 2.399 2.322 2.287 
4000 0.496 0.477 0.472 1.273 1.208 1.201 2.526 2.382 2.422 
Table 3.2. 
Clarity Indices (C50) in Decibels by Room and Configuration 
Room and Configuration 
Center 
Frequency (Hz) Rt R2 R3 
A B C A B C A B C 
Broadband 13.86 14.67 14.23 3.95 4.77 4.27 -0.79 0.37 -0.09 
125 9.57 11.58 12.48 -3.03 1.28 0.64 -8.14 -4.54 -7.04 
250 14.58 16.18 15.61 5.21 5.15 4.36 -1.81 1.34 -0.25 
500 11.28 12.87 12.16 2.03 0.39 -0.64 -2.35 -4.11 -4.28 
1000 9.62 11.11 10.68 0.38 1.11 1.12 -3.88 -3.77 -3.71 
2000 13.04 13.38 13.18 3.00 3.65 2.72 -1.75 -0.55 -1.60 
4000 16.14 17.34 16.93 6.78 7.85 7.86 2.54 3.82 3.73 
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b. Speech corpus. Speech materials for this experiment were identical to Experiment I. 
c. Conditions. The baseline conditions, which were identical to the TO (no precedi.ng 
carrier phrase) and TS (two sentences) conditions of Experiment I, were performed using 
configurations Band C. Data for the baseline conditions for configuration A were 
included from Experiment I, but from the ten listeners that participated in this 
experiment. For the Configuration Mismatch (CM) conditions, the carrier phrase was 
presented in a different configuration context than the target. This was made possible by 
convolving the carrier phrase with the BRIR of one configuration and convolving the 
speech target with the BRIR of another configuration. Figure 3.3 illustrates where the 
change in configuration took place in the speech sentences. This is the same point where 
room environments were switched by Zahorik and Brandewie (2010). 
c. ~1asker. In all conditions, speech was presented with a spatially separated Gaussian 
noise masker. The masker preceded the speech by ISO ms, during which the masker's 
amplitude linearly increased from zero to full-scale. 
3. Design 
Listeners were tested at one SNR: -13 dB. SNR was manipulated by adjusting 
the gain of the speech target relative to a fixed masker level. Target color and number 
and talker were selected at random for each trial. Each block of trials included the 
baseline conditions for configurations Band C (TO and TS) as well as the CM 
conditions. All these conditions were performed for each of the three room 
environments (R1, R2, R3). Table 3.3 lists all the conditions performed in this 
S3 
Figure 3.3. Configuration Switch Point 
Switch Point 
Ready [callsign] go to [color] [number] now. Ready [callsign] go to fcolor] [number]1 now. 
Target 
Figure 3.3. Illustration of the point at which the room configuration change occurs in the 
Configuration Mismatch (CM) conditions. 
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Table 3.3. 
Conditions for Experiment II Configuration condition indicated by the carrier phrase 
spatial configuration followed by the target configuration. An 'x' indicates that no 
carrier phrase was present. 
Configuration 
Category Condition Time Point 
xB TO 




Configuration AC T5 
Mismatch BA T5 
(CM) BC T5 
CA T5 
CB T5 
experiment. The table indicates configuration condition by a two-letter code which 
designates the carrier phrase spatial configuration followed by the target configuration. 
An 'x' indicates that no carrier phrase was present. The listeners were tested in 25 
blocks of 60 trials each that included two repetitions of each combination of 
configuration condition (10) and room environment (3). The order of trials within a 
block was randomized for each block. The room environment was selected at random 
for each trial with the exception that the same room could not appear in two consecutive 
trials. 
4. Procedure 
Listeners followed the same procedure as Experiment I. 
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5. Results 
The data of Experiment II are displayed in Figure 3.4, Figure 3.5, and Figure 3.6 
for rooms Rl, R2, and R3 respectively. Each figure shows percent correct speech 
intelligibility by each condition. Errors bars represent the standard error of the means. 
Paired-sample t-tests were performed in each room environment comparing the TO point 
to the T5 point for each carrier phrase configuration. These results are summarized in 
Table 3.4 showing the t statistic (df= 9), the associated p-value, and an indication (**) of 
significance for ap-value less than 0.05. Significant differences are indicated (**) above 
the bars in Figures 3.4, 3.5, and 3.6 for the carrier phrase conditions. In most cases, there 
is a significant change in speech intelligibility regardless of which configuration the 
carrier phrase is presented in relation to the target. 
The magnitude of the effect varies with the room environment, with the greatest 
effects seen in the R3 environment. The three configurations were not equated for 
intelligibility and this fact is most visible in the R3 room. The overall intelligibility 
appears to rely on the target configuration. Configuration C appears to be the poorest for 
intelligibility with configuration B being the greatest. 
6. Discussion 
The speech enhancement effect appears to be robust to changes in the source and 
listener position in the room environment. The results of this experiment combined with 
the results of Zahorik and Brandewie (2010) supports the hypothesis that speech 
enhancement relies on the late reverberation decay pattern and not the specific 
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8.07 8.24 7.30 
-r-~ .. .. +r+rf-
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xB BB AB CB xC CC AC BC 
Condition 
Figure 3.4. RAU score by condition in the Rl environment (n = 10). Error bars 
represent the standard error of the mean. Each configuration condition is indicated by a 
-
-
two-letter code which designates the carrier phrase configuration followed by the target 
configuration. An 'x' indicates that no carrier phrase was present. Speech enhancement 
magnitudes (RAU for the given carrier phrase condition minus RAU for the no carrier 'x' 
condition) are presented above carrier phrase conditions. Significant differences (p < 
0.05) from the no carrier conditions are indicated by ' **' above the bar. 
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Figure 3.5. Same as Figure 3.4, except data are presented for the R2 environment. 
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Figure 3.6. Same as Figure 3.4, except data are presented for the R3 environment. 
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spatial/temporal positioning of the early reflections. 
It is important to note the lack of a significant enhancement effect in the R1 
environment, especially in the AA condition where a significant effect was observed in 
Experiment I. An increase in variance from both the reduction in the number of listeners 
and the RAU score transformation likely account for this. Data for the A configuration 
were taken from Experiment I, but only for listeners that completed all of the current 
experiment. Due to this, the number of listeners was reduced from sixteen to ten creating 
an equal number of listeners in all conditions. The other factor is the performance level 
in the R1 environment approaching ceiling performance. The RAU transformation 
attempts to compensate for the non-uniformity of variance for scores greater than 80 
RAU, however, additional variance is then introduced by this expansion. It is important 
to note that despite the lack of statistical significance, the magnitudes of the speech 
enhancement effect in this experiment are quite similar to Experiment I for the A 
configuration. 
It is evident that there is an inherent difference in intelligibility for the three 
configurations. It is not surprising that configuration B provides better intelligibility than 
configurations A and C. In configuration B, the noise masker is farther from the 
reflective surfaces which would reduce the level of the early reflections in the BRIR. 
Configuration C, on the other hand, placed the masker quite close to the reflective wall 
boosting the signal level of the noise. Additionally, the left ear, which benefits from the 
acoustic head shadow attenuating the noise (Plomp, 1979), is in a more favorable position 
in configuration B with a nearby reflective wall which will provide strong early 
reflections. An early reflection with an amplitude comparable to the direct waveform has 
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been shown to aid speech perception by boosting the SNR (Haas, 1972). Configuration 
C, however, has the better ear positioned farther from the reflective surfaces which is 
likely to reduce the level of those beneficial early reflections. Figure 3.2 illustrates this 
point by showing the greater amplitude in the earliest reflections of the impulse response 
for the better ear in configurations A and B compared to configuration C (Note: Many 
portions of configuration A is overlapped by B in the figure). Configuration C is shown 
to have nearly 20 dB less amplitude in the reflections around 10 ms. 
There appears to be small differences in the magnitude of the enhancement effect 
that varies with the carrier phrase configuration. In the R3 room with the target in the B 
configuration, the magnitude seems greatest when the carrier phrase is in a matching 
configuration (BB). Additionally, when the carrier phrase is in the C configuration (CB), 
the enhancement effect is reduced. This suggests that the magnitudes of the speech 
enhancement effect are related to the underlying intelligibility of the carrier phrase. This 
idea would support the hypothesis outlined in Experiment I, that speech enhancement 
arises due to an increase in temporal modulation sensitivity. Since the modulation pattern 
is likely to be reduced by noise in configuration C compared to B, one would expect 
better modulation extraction in the BB condition. However, when the target is in the A 
configuration, a carrier phrase in configuration C (CA) seems to provide the greatest 
speech enhancement. Additionally, all other combinations of room and configuration 






Summary of Planned t-tests by Room and Configuration. Test statistic (t) and associated p-value are listed (df= 9). Significant 
differences (p < 0.05) are indicated (**). 
xA-AA xA-BA xA-CA xB-BB xB-AB xB-CB xC-CC xC-AC xC-BC 
Rl t 1.724 1.932 1.477 2.487 1.215 1.407 2.144 2.382 2.801 
p 0.119 0.085 0.174 0.035 ** 0.255 0.193 0.061 0.041 ** 0.021 ** 
R2 t 4.378 2.987 3.374 3.932 7.570 4.009 5.251 7.203 4.618 
P 0.002 ** 0.015 ** 0.008 ** 0.003 ** <0.001 ** 0.003 ** 0.001 ** <0.001 ** 0.001 ** 
R3 t 5.349 14.704 9.522 8.021 7.730 3.876 4.442 3.910 3.510 
p <0.001 ** <0.001 ** <0.001 ** <0.001 ** <0.001 ** 0.004 ** 0.002 ** 0.004 ** 0.007 ** 
CHAPTER IV 
Experiment III 
It has been previously argued that an improvement in speech intelligibility with 
prior exposure to a room environment is in part due to an echo-suppression process 
(Brandewie & Zahorik, 2010). While no direct link exists between the speech 
enhancement effect and the echo suppression buildup in sound localization, there are 
some commonalities between these two effects, which may indicate similar underlying 
processes. For instance, click-train experiments show a buildup phenomenon in echo 
suppression, suggesting that it takes time for the process to reach maximum suppression 
(Clifton, & Freyman, 1989; Freyman, Clifton, and Litovsky, 1991; Clifton et aI, 1994). 
This process can occur over a number of seconds. Similarly, Experiment 1 provided 
evidence of speech enhancement that increased over time on a similar time scale. After 
buildup to the stimulus, both effects have observed breakdown of the effect when there is 
an implausible shift in the environment (Clifton, 1987; Zahorik & Brandewie, 2010). It 
is possible that these two processes are governed by a similar underlying de-reverberation 
mechanism maintaining perceptual constancy by reducing the perceived distortion of 
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reverberation. The current study examined the possible relationships between these two 
effects by correlating the changes in echo thresholds due to prior stimulus presentation 
with the magnitude of the room-associated speech enhancement effect. 
In this study, listeners reported whether or not they heard an echo on each trial. 
The delay value between two sources, virtually separated in space, was adjusted to 
measure a psychometric function from the percept of a single source to the percept of two 
individual sources. The total number of echoes reported was measured for a number of 
delay values in an attempt to measure echo thresholds, which are usually defined as the 
delay value in which a distinct echo is perceived 50% of the time. This method is nearly 
identical to the methods of Freyman, Clifton, and Litovsky (1991). Two conditions from 
that study were tested: an isolated click pair; and a click pair proceeded by a train of 
matching click pairs. Those authors found that echo threshold increased when the 
preceding click train was added. This study attempted to reproduce those results and then 
correlate individual changes in echo threshold to the magnitude of that room-associated 
speech enhancement effects observed in Experiment I. Additionally, since Djelani and 
Blauert (2001) demonstrated that echo suppression is also evident with speech materials, 
listeners also performed in a speech task using the same speech materials as Experiment 
I. The speech portion of this experiment was tested using the same two-source method as 




Twelve (12) listeners (8 female, 4 male) ages 19-33 years participated in the 
study. All of these listeners previously participated in Experiment I. All had normal 
hearing as verified by audiometric screening less than 25 dB HL at octave frequencies 
between 250 and 8000 Hz. Listeners were paid for their participation. All testing was 
approved by the University of Louisville Internal Review Board. 
2. Stimuli 
a. Virtual Environment. A virtual configuration using spatialized audio was used to 
create a two-speaker paradigm. This paradigm has been used previously for analyzing 
the dynamics of echo suppression and is similar to that used by Haas (1972), Clifton 
(1987), and Freyman, Clifton, & Litovsky (1991). Using virtual auditory techniques, this 
configuration was spatially rendered using head-related transfer functions (HRTFs) of a 
single participant (1.0. SLO). This configuration consisted of two sound sources 
separated by 100 degrees azimuth along the horizontal plane. Each source was 50 
degrees from midline and was presented 1.4 m from the listener at ear level. The listener 
was always facing directly ahead, between the two virtual sound sources. Figure 4.1 
illustrates the virtual configuration. During a trial, one virtual source presented the 
"direct" waveform while the second source, its output delayed in time, simulated a single 
reflection, or "echo". 
b. Click stimuli. Click stimuli for this experiment were pairs of computer-generated 
Gaussian noise bursts 4 ms in duration split between a 2 ms linear rise and a 2 ms linear 
decay. This type of stimulus has been used by previous echo suppression experiments 
65 
Figure 4.1 Virtual Source Configuration 
SL SR 
~ ~~~"", ~/". 
6 
Listener 
Figure 4.1. Illustration of the relative position of the two virtual sound sources. Each 
source was presented 1.4 m away at either -50 (SL) or +50 (SR) degree azimuth angle. 
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(Clifton et ai, 1994; Grantham, 1996). Clicks were presented in pairs with one click 
convolved with the HRTF corresponding to one source (either SL or SR) and the other 
convolved with the other source's HRTF. Due to this, each click was perceived as 
arriving from a different location. Additionally, one of the clicks was delayed in time to 
simulate a delayed reflection resulting in a primary and a delayed stimulus. 
c. Speech stimuli. Speech materials for this experiment were a subset of those used in 
Experiment 1. The stimuli employed included a test phrase, "Green eight" and a carrier 
phrase "Ready Charlie go to blue one now" spoken by the first male talker of the CRM 
corpus (Bolia et ai, 2000). Two presentations of speech were given ~ith each 
corresponding to a different location, analogous to the manipulation performed on the 
clicks pairs. Similarly, a delay was inserted between the two speech presentations to 
simulate a delayed reflection. 
3. Design 
Two condition types were tested which varied by the existence of a preceding 
stimulus. One condition type was the No Exposure (NE) conditions, which presented a 
single isolated click pair (Clicks conditions) or the speech test phrase (Speech 
conditions). The second condition type was the Prior Exposure (PE) conditions which 
presented a train of click pairs followed by a single test click pair, or presented the 
speech carrier phrase followed by the test phrase. 
On any given trial, the delay between the click pairs or speech presentations was 
altered. For clicks the delay values ranged from 2 to 14 ms in 2 ms steps. For the 
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speech the delay values ranged from 5 to 65 ms in 10 ms steps. In a block of trials, the 
delay value was randomized from trial to trial. Additionally, the position of the primary 
and delayed stimulus was switched on each trial in order to break any buildup between 
trials. This manipulation has been shown to cause a breakdown of echo suppression 
(Clifton, 1987). A block of trials consisted of 42 trials (7 delay values x 6 repetitions) 
and was restricted to a single combination of acoustic stimulus and preceding condition, 
resulting in four block types: NE clicks, PE clicks, NE speech, and PE speech. Two 
example trials were presented at the beginning of each block with delay values of 0 and 
200 ms to give clear representations of the range of echo perception. Each listener 
performed in five blocks of trials for each condition. 
4. Procedure 
Listeners were seated in a custom double wall sound-attenuating chamber 
(Acoustic Systems, Austin, TX) and listened to the stimuli over headphones. All stimuli 
were presented over equalized headphones (Beyerdynamic DT -990 Pro) at a moderate 
level (70 dB SPL peak at the entrance to the ipsilateral ear). The listener's task was to 
indicate whether or not an echo was perceived by using a computer mouse on a 
graphical interface. All stimuli presentation and response collection was implemented 
using custom software written for the MATLAB (Mathworks Inc., Natick, MA) 
environment. 
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B. Results and Discussion 
Overall, the data from this study are in agreement with previous studies on echo 
suppression. The average echo threshold, by the traditional definition of the delay value 
producing 0.5 proportion of echoes reported, for clicks (5.74 ms) is in the 4-6 ms range 
suggested by Freyman, Clifton, and Litovsky (1991). The data presented by Djelani and 
Blauert (2001) suggest an echo threshold of around 20 ms for speech stimuli. The data in 
the current study are in agreement with an average echo threshold of 21.27 ms. Both the 
clicks and speech data show changes in echo threshold between the NE and PE 
conditions for some listeners, suggesting the occurrence of echo suppression with prior 
stimulus exposure. 
The intention of this study was to replicate the results of Freyman, Clifton, and 
Litovsky (1991) by measuring a shift in echo threshold and then correlating that change 
with magnitudes of the speech enhancement effect attained in Experiment I. However, 
inspection of these data suggest that instances of echo suppression may be missed if echo 
threshold criterion is set strictly to 50% in all cases. For example, there are at least two 
way listeners show evidence of echo suppression that would not be captured by the 50% 
criterion. 
Some listeners show no increase from zero in the proportion of echoes reported in 
the PE condition until the higher delay values. Figure 4.2 demonstrates this for one 
listener CZDI'). Here the proportion of trials in which echoes were reported in the PE 
condition is near zero at all points under 8 ms, suggesting that few echoes were being 
perceived, while a greater proportion of echoes were reported at the same delay value for 
the NE condition. This difference in performance suggests echo suppression reduced the 
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Figure 4.2. Click Data for 'ZDI' 
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Figure 4.2. Proportion of trials with echoes reported is displayed for each delay value for 
both NE (red circles) and PE (blue triangles) conditions for listener 'ZDI'. Data from the 
Clicks condition are displayed. 
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salience of echoes in the PE condition. However, the change in echo thresholds for this 
listener is only 0.13 ms between the PE and NE conditions. 
Another example of echo suppression is lower maximum number of reported 
echoes for the PE condition compared to the NE condition. Figure 4.3 illustrates this for 
one listener ('LHI'). Here the difference between the two conditions isn't observed until 
higher delay values. The lower proportion of reported echoes in the PE condition 
suggests the occurrence of echo suppression. It appears for this listener that at high delay 
values in the PE condition this listener might be responding randomly since the 
proportion of echoes reported is near 0.5, but in the NE condition an echo was reported 
more often at those same delay values. With a strict echo threshold measure, this 
evidence of echo suppression would go unreported since this listener has a change in 
echo thresholds of -1.53 ms. For comparison, Figure 4.4 presents a listener ('ZEW') that 
does not show any observable effects of echo suppression. 
Since a strict definition of echo threshold would not capture all instances of echo 
suppression observed in the data obtained in this study, a new measure of echo 
suppression was calculated. The maximum difference at any delay between NE and PE 
in the number of echoes reported was taken as a measure of echo suppression. This 
measure of change in echoes reported, which will be referred to as the change in echoes 
perceived, was analyzed in addition to traditional echo thresholds. 
Table 4.1 presents, for each listener, the traditional echo threshold for both the NE 
and PE conditions for click and speech stimuli (in ms), the change in echo threshold 
between the two conditions (effect size, in ms), the change in echoes perceived for the 
click and speech stimuli (in maximum change in the proportion of echoes reported), as 
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Figure 4.3. Click Data for 'LID' 
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Figure 4. 3. Proportion of trials with echoes reported is displayed for each delay value for 
both NE (red circles) and PE (blue triangles) conditions for listener 'LHI. Data from the 
Clicks condition are displayed. 
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Figure 4.4. Click Data for 'ZEW' 
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Figure 4.4. Proportion of trials with echoes reported is displayed for each delay value for 
both NE (red circles) and PE (blue triangles) conditions for listener 'ZEW. Data from the 
Clicks condition are displayed. 
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well as the maximum average difference scores (in change in proportion correct 
intelligibility) from Experiment I. The maximum average difference scores from 
Experiment I are the maximum change in speech intelligibility observed across all time 
points with a carrier phrase (Tl-TS) compared to no carrier phrase (TO) for the room 
difference scores averaged across all SNRs and rooms for a single listener. This can be 
considered a gross estimate of the effect of the room-associated speech enhancement for 
a single listener. The average values and standard deviations are also presented on the 
bottom of Table 4.1. 
An attempt was made to assess the relationship between echo suppression and 
speech enhancement. Individual maximum difference scores for each room environment 
and SNR were taken from Experiment I. Pearson's correlation coefficient (r) was 
calculated for each combination of room and SNR for these maximum difference scores 
with the change in echo threshold as well as the change in echoes perceived for both the 
click and speech conditions. The echo threshold data are presented in Table 4.2, also 
showing the t statistic (df= 11) and the associatedp-value. Additionally, a correlation 
was computed with the average maximum difference scores across all SNR and rooms 
(second last column in Table 4.2). The last column in Table 4.2 presents the correlation 
between the click data and the speech data. Table 4.3 presents analogous data for the 
change in echoes perceived. 
Overall, there does not appear to be a clear linear relationship between the echo 
suppression data and the speech enhancement data from Experiment I. Additionally, 
visual inspection of the data provided no evidence of any nonlinear relationships. Two 





Echo Thresholds and Echo Suppression Effects. Click and speech echo thresholds (in ms) are presented for the NE and PE conditions 
with the effect size (difference between NE and PE) for each listener. Change in echoes perceived (in change in the proportion of 
echoes reported) is displayed for both the click and speech data. The last column displays the average maximum RAU difference 
score (across all rooms and SNRs) from Experiment I. 
Clicks Echo Thresholds Speech Echo Thresholds Click Speech Average 
Change in Echoes Change in Echoes Maximum 
Listener NE PE Effect Size NE PE Effect Size Perceived Perceived Difference Score 
'LHI' 7.33 5.80 -1.53 18.33 19.09 0.76 0.300 0.200 10.764 
'ZAJ' 4.67 10.00 5.33 21.11 21.67 0.56 0.300 0.100 8.876 
'ZBA' 3.20 2.67 -0.53 17.94 16.88 -1.07 0.333 -0.067 8.630 
'ZBD' 9.60 9.60 0.00 55.00 25.00 -30.00 0.067 0.033 11.246 
'ZDI' 8.67 8.80 0.13 25.00 30.71 5.71 0.400 0.200 15.041 
'ZDW' 4.18 6.60 2.42 20.38 19.29 -l.l0 0.433 -0.167 4.457 
'ZEB' 8.00 7.20 -0.80 15.83 20.71 4.88 0.133 0.367 7.544 
'ZED' 5.43 14.00 8.57 16.67 22.37 5.70 0.667 0.367 3.933 
'ZEV' 8.29 8.80 0.51 23.57 24.33 0.76 0.367 0.067 10.813 
'ZEW' 4.40 3.40 -1.00 15.00 20.29 5.29 0.100 0.300 9.712 
'ZEX' 2.83 8.40 5.57 10.17 17.35 7.18 0.500 0.600 13.192 
'ZEY' 2.33 11.14 8.81 16.25 21.92 5.67 0.733 0.267 15.193 
AVG 5.74 8.03 2.29 21.27 21.63 0.36 0.36 0.19 9.950 
SD 2.51 3.18 3.79 11.35 3.78 10.01 0.21 0.21 3.595 
stimuli (-13 SNR, R2; and -13 SNR, R3). However, the correlation with R3 suggests a 
negative relationship. Additionally, one point (-13 SNR, R2) showed a significant 
correlation with the shifts in echoes perceived for speech stimuli. However, there is no 
clear pattern for these results in comparison to other conditions. The results of this study 
suggest that there is no relationship between echo suppression and speech enhancement 
in reverberant environments. It is likely that the sample size for this study is too small to 
properly assess the relationship between these two effects, which could lead to significant 
correlations simply by chance. This might account for the three significant points 
observed here. 
Table 4.2. 
Correlation Coefficients for Changes in Echo Thresholds and Speech Enhancement by 
Room and SNR. Correlation coefficient (r), test statistic (t), and associated p-value are 
listed (df= 11). Significant differences (p < 0.05) are indicated in bold text. 
-13 SNR -18 SNR 
Rl R2 R3 Rl R2 R3 Avg. Clicks 
Clicks r 0.327 0.349 -0.375 -0.345 -0.270 0.153 -0.024 
t 1.093 1.177 -1.280 -1.162 -0.885 0.490 -0.076 
p 0.300 0.266 0.230 0.272 0.397 0.635 0.941 
Speech r 0.195 0.584 -0.789 -0.135 -0.333 0.411 0.010 0.289 
t 0.629 2.276 -4.064 -0.430 -1.115 1.425 0.032 0.954 
P 0.544 0.046 0.002 0.676 0.291 0.185 0.975 0.363 
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Table 4.3. 
Correlation Coefficients for Changes in Echoes Perceived and Speech Enhancement by 
Room and SNR. Correlation coefficient (r), test statistic (t), and associated p-value are 
listed (df= 11). Significant differences (p < 0.05) are indicated in bold text. 
-13 SNR -18 SNR 
Rl R2 R3 Rl R2 R3 Avg. Clicks 
Clicks r 0.085 0.436 -0.430 -0.237 -0.201 0.446 0.079 
t 0.269 1.533 -1.506 -0.772 -0.651 1.574 0.252 
P 0.793 0.156 0.163 0.458 0.530 0.147 0.806 
Speech r 0.541 0.801 -0.516 0.101 -0.222 0.128 0.283 0.213 
t 2.033 4.238 -1.905 0.321 -0.721 0.407 0.933 0.690 
p 0.069 0.002 0.086 0.755 0.487 0.693 0.373 0.506 
It is perhaps not surprising to see no linear relationship between speech 
enhancement and echo suppression considering the results of Experiment II, which 
showed that the speech enhancement effect is robust to changes in the early reflections. 
The short delay times observed in this study is similar to the time-frame early reflections 
would arrive at the eardrum in most environments. Therefore, the results of this study are 
consistent with the view that the perceptual mechanism responsible for the de-




The results of the experiments presented in this study support the idea that 
perceptual processes playa role in maintaining the constancy of speech in reverberant 
spaces. The temporal distortion of speech in reverberant spaces has been linked to poorer 
intelligibility (Knudsen, 1929). The distortion to the communication channel is even 
greater when noise and reverberation exist in the same environment and the two 
deleterious factors interact (Payton et ai, 1993). However, the everyday experiences of 
normal-hearing listeners suggest that reverberation plays only a small part in daily 
communication. In fact, we are often unaware of even the presence of reverberant 
energies in most environments; the exclusions, of course, are concert halls, stairwells, 
churches, or any environment mostly covered by acoustically reflective surfaces. These 
highly reverberant environments, however, are the exception. In the moderately 
reverberant environments of most daily life: homes, offices, and classrooms; speech 
intelligibility seems largely unaffected by reverberation. 
Perceptual adaptation in speech is not a new concept. Studies have shown that 
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listeners can adapt over time to a specific talker, resulting in improved intelligibility 
(Nygaard, Sommers, and Pisoni, 1994; Nygaard & Pisoni, 1998). The long-term nature 
of this type of perceptual adaptation, on the scale of a number of days, is suggestive of 
cortical processing. These mechanisms, however, seem embedded in speech processing 
and are likely governed by cortical speech-centers. Perceptual adaptation to reverberant 
environments, on the other hand, is more likely to be undertaken by evolutionarily older 
mechanisms since evidence of echo suppression mechanisms in the mid-brain of a 
number of animals has been discovered (Carney &Yin, 1989; Fitzpatrick et ai, 1995; 
Keller and Takahashi, 1996; Dent & Dooling, 2004). The devotion of neural hardware to 
the task of reducing the influence of acoustic reflections highlights the importance of this 
task in the natural environment. The perceptual reduction of reverberation is particularly 
important for sound localization, an evolutionarily vital role for the auditory system. It is 
likely that animals with a large cortex would devote additional cortical processing to aid 
in this task. 
The results of the experiments in the current study suggest that early reflections 
play no significant role in the perceptual de-reverberation of the environment. The 
suppression of early reflections, however, must playa key role in maintaining the sound 
localization capabilities of listeners in reverberant spaces. There is some imaging data 
suggesting that the auditory system, like the visual system, separates information into 
"what" and "where" pathways in the cortex (Alain et ai, 2001). There is some evidence 
that information pertaining to a reverberant environment also takes these diverging paths 
(Kuwada et ai, 2012). It might be that information about reverberant environments is 
divided into two processing streams: information about early reflections may be sent 
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down a localization pathway ("where"), and information about the general decay pattern 
may be sent down a content pathway ("what"). 
The speech enhancement effects found in this study are believed to be due to the 
cortical processing of temporal information in the speech signal. A two-process 
perceptual mechanism has been proposed. The first process modifies the sensitivity to 
amplitude modulation (AM) frequencies with the information given in prior speech 
context. The speech signal is known to contain rich temporal information that can be 
important for the perception of specific speech sounds (Rosen, 1992). If a process was 
able to enhance the perception of this temporal information, speech intelligibility would 
likely increase. Such a process would account for the speech enhancement effect in the 
anechoic environment observed in Experiment I and might also account for the carrier 
phrase effects seen in previous studies (Gelfand, 1975; Gladstone & Siegenthaler 1971). 
It is also possible that this effect is related to the perceptual adaption to talkers (Nygaard, 
Sommers, and Pisoni, 1994; Nygaard & Pisoni, 1998). Temporal characteristics of a 
specific talker's speech could be encoded for long-term use. Contextual cues that 
connect a stream of speech to a specific talker, encoded in memory, could activate 
modifications to the sensitivity to temporal AM frequencies that could then enhance the 
perception of that talker's speech. This could in part result in some of the improvements 
seen with talker familiarity. However, the current experiments did not explicitly test the 
exposure time to a specific talker. In this study, the amount oftime given to a specific 
talker was limited to the 3.5 s of a single trial, except perhaps in the rare instances when 
the same talker was chosen in two consecutive trials. 
The other process that has been proposed is a de-reverberation mechanism that 
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reduces the perceived attenuation of modulation depth caused by reverberation. In 
Experiment I, the magnitudes of the speech enhancement effect increased for more 
reverberant environments. Since this trend was still apparent after compensating for the 
anechoic speech enhancement, it seems likely that the increase in magnitude was related 
to the reverberation in the environment. A de-reverberation process could account for 
this change. This process appears to rely on the general reverberant decay pattern 
exemplified by the late reverberation. This is based on the results of Experiment II 
which found speech enhancement to be unaffected by changes in the early reflections 
and the results of Zahorik and Brandewie (2010) which show that changes to the late 
reverberation decay resulted in a breakdown of the effect. The results of Experiment III 
also suggest that the de-reverberation process is unrelated to the processing of early 
reflections. This finding is in agreement with Watkins, Raimond, and Makin (2011), 
who demonstrate that the compensation for reverberant energies in a specific speech 
token is resistant to changes in the temporal fine-structure of the room environment. 
There also appears to be an upper limit to the amount of reverberant energy that 
can be compensated by the de-reverberation system. Zahorik and Brandewie (2010) 
show no observable effects of speech enhancement in a room with a 3.0 s reverberation 
time. The current study, however, does demonstrate speech enhancement in the R3 
environment which has about a 2.4 s reverberation time. Therefore the maximum 
amount of temporal distortion that this de-reverberation process can handle is likely 
somewhere between these values. 
Future Research 
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Speech enhancement has been demonstrated for normal hearing listeners, but not 
all hearing impaired individuals can benefit from this effect (Zahorik & Brandewie, 
2011). Additional studies are required to understand what features of the speech signal 
elicit this effect. Rosen (1992) suggests that temporal processing plays a very important 
role in speech intelligibility and explains how cochlear implant users are able to use the 
temporal information in the signal alone to understand speech. If the effect is related to 
the temporal modulation in the speech signal, as the current study suggests, then one 
might expect listeners with temporal processing limitations to show reduced effect of 
speech enhancement. Future work will require an evaluation of the carrier phrase to 
determine what components result in speech enhancement. The restoration of temporal 
information in reverberant spaces may account for the additional speech enhancement 
observed in those environments; however, this hypothesis requires more evidence. 
Therefore future work should focus on two aims: understanding the context a carrier 
phrase provides to speech enhancement; and measuring the influence of prior exposure to 
reverberant spaces on amplitude modulation gap detection. 
Conclusions 
Experiment I demonstrated that speech intelligibility improves when preceded by 
a speech carrier. This speech enhancement effect increases in magnitude when the 
duration of the carrier phrase is increased. Additionally, the magnitude increases in 
reverberant environments. A two-process perceptual mechanism has been proposed to 
account for this effect featuring one mechanism that perceptually increases the sensitivity 
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to amplitude modulation in the speech envelope, and another process that reduces the 
influence of reverberant energies on the perceived attenuation of temporal modulation. 
Experiment II demonstrated that the speech enhancement effect is robust to changes in 
the early reflection pattern of a reverberant environment. Experiment III provided 
evidence to suggest that speech enhancement effects are unrelated to traditional echo 
suppression effects that operate based on reflections with short delays. 
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